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AUDIO NON-LINEARITY: A COMB-FILTER METHOD FOR 

MEASURING DISTORTION 

R.A. Belcher, B.Sc.(Hons.) 



1. Introduction 

In the day-to-day maintenance of circuits for sound- 
programme signals, measurements are made of the total 
harmonic distortion (t.h.d.), and sometimes of the inter- 
modulation distortion, to ensure that non-linear distortion 
and consequent sound-signal impairment are kept to a mini- 
mum. It has long been recognised that subjective assess- 
ments of non-linear distortion do not always correlate well 
with such objective measurements. An improved distortion- 
measurement method should provide good subjective-objec- 
tive correlation, thereby reducing the need for listening 
tests to assess distortion on sound-programme circuits. 

In an attempt to correct the situation Shorter, and 
later Wigan, proposed a modified form of total harmonic 
distortion measurement, but their findings were of limited 
use as they applied only to non-linear circuits for which the 
percentage distortion was substantially independent of 
signal amplitude and signal frequency. 

Conventional methods of measuring distortion employ 
sine-wave test-signals: intermodulation measurements need 
at least two sine-wave signals, but total harmonic distortion 
measurements need only one. Many such measurements 
have to be made over the frequency range of interest if 
variations of distortion with frequency are to be found. 

If an improved test method were devised it should, 
therefore, employ a test signal with enough spectral com- 
ponents to assess adequately the circuit under test in one 
measurement. In addition, it should enable reliable esti- 
mates of programme-quality impairment to be obtained 
when the percentage distortion varies with signal amplitude. 
Intuitively, a noise-like test signal should be more suitable 
than a sine-wave for estimating the subjective effect of non- 
linear distortion, as the waveform of a programme signal is 
usually more like that of a noise signal than of a sine-wave. 

Recent investigations have been described in which 
a noise-like test signal was found to give measurements that 
correlated much better with subjective assessments than 
those made by the total harmonic distortion method. The 
test signal employed consisted of two frequency-bands of 
pseudo-random noise, and distortion products were mea- 
sured in the relatively large spectral gaps of the test signal. 
A disadvantage of this two-bands signal is that it cannot 
explore variations of distortion with frequency for the 
whole of the audio-frequency bandwidth. Certain non- 
linear effects occur predominantly at the high-frequency 
end of the audio range; mechanisms for this may arise both 
in analogue circuits and in pulse-code-modulation sound- 
systems. As suggested in reference (3), extra bands of noise 
could possibly be added to the test signal to provide for the 
measurement of high-frequency distortion, but the high rate 
of change of attenuation with frequency required for each 
bandpass filter limits the total number of bands of noise 



which can be easily accommodated within the audio band- 
width. Reference (3) also mentions that a pseudo-random 
noise test signal should be suitable for measuring quantising 
distortion in p. cm. systems particularly those which employ 
compandors. In fact, noise separation tests were later 
made on three systems: 14-bit linear p. cm., 10-bit A-Law 
companded p. cm. and 10-bit near-instantaneously com- 
panded p. cm. using the two-bands method. These objec- 
tive tests placed the three systems in the same rank order as 
was decided by subjective testing. 

In the light of this earlier work, a new method was 
evolved by the author which enabled the effect of distor- 
tion occurring at any part of the audio frequency band to 
be included in one measurement; with this method the 
spectrum of the test signal encompasses most of the audio- 
frequency band. The following sections will describe the 
method (referred to as the 'comb-filter method'), its instru- 
mentation and the results of a limited investigation, with 
four representative circuits, into the degree of correlation 
between objective values of distortion and the subjective 
effects of the non-linear distortion. The overall objective 
of this work is to reduce the need for listening tests, i.e. to 
save time, when assessing sound-programme circuits, by 
establishing good correlation between subjective and objec- 
tive measurements. 



2. Description and theory of the comb-filter 
method 

The essence of the comb-filter method is a test signal 
in which most of the component frequencies are anharmoni- 
cally related: most products of non-linear distortion then 
fall in the spectral gaps of the test signal, and can therefore 
be measured. 

The test signal is derived from the spectrum of a 
pseudo-random binary sequence, which consists of har- 
monics of the sequence-repetition frequency (as illustrated 
in Fig. 1(a)), by shifting the frequency of each spectral 
component by an equal number of hertz. The resulting 
spectrum is illustrated in Fig. Hb). An anharmonic 
relationship can be set up between the frequencies of most 
of the components by choosing a suitable value of frequency 
shift. All spectral components of the test signal are equal 
in power and are spaced regularly in frequency, as these are 
properties of a pseudo-random binary sequence of maximal 
length (m-sequence ). 

Products of non-linear distortion can be measured 
after applying an equal and opposite frequency shift, as the 
resultant harmonically related spectrum of the original test 
signal can be attenuated using a simple type of comb-filter. 
These spectral operations are illustrated in Fig. 1, (c), (d), 
(e) and (/). 



(EL-114) 



amplitude 



frequency 





r J 1 




1 


III 


11 


1 


til 


II 


Ml 



III lull 



-11 1 I II 



-LU. 



(a) 



(b) 



(c) 



(d) 



1.1 1 H i 



Kaaaaaaaaa --- 



(f) 



-UL. 



_UJ_ 



JJL. 



Fig. 1 - Typical spectra 

t = repetition period of pseudo-random sequence 

(a) m-sequence (p.r.b.s.) (6) Test signal (p.r.b.s. frequency shifted) 

(c) Signal from system under test (d) Signal re-shifted 

(e) Comb response (/) Comb output 

Ideally, all products of non-linear distortion should 
occupy the spectral gaps of the test signal, but as the test- 
signal spectral components are spaced regularly in frequency, 
some non-linear products will inevitably coincide with the 
frequencies of the test signal. The significance of these lost 
products can be determined theoretically by using an analy- 
sis technique reported by Brockb-ank and Wass. They 
assume that the input/output transfer characteristic of the 
non-linear system can be approximated by a power series, 
that the number of component frequencies in the test signal 
is greater than 50, and that the components are all of equal 



power. With these assumptions they deduce as a first step 
that the power level of the distortion signal is due mainly 
to intermodulation products, as the contribution provided 
by purely harmonic distortion is at least two orders of 
magnitude less. 

As an aid to analysis they then classify distortion 
products into two groups such that Group 1 products arise 
only when there is an odd-order term in the power series, 
while Group 2 products can arise from either odd or even 
order terms. A conclusion drawn from their work is that 
all Group 1 products of the new test signal lie on the same 
spectral positions as the test signal itself, and that some 
measure of the distortion power due to odd-order terms is 
therefore lost. (If desirable, increased account could be 
taken of those products which are due to odd-order terms 
in the power series by measuring the distortion products 
which fall above the upper frequency limit of the test signal, 
as in theory these are mainly Group 1 products. This 
possibility is discussed later in.Section 6.) 

Most Group 2 products fall in the spectral gaps of 
the test signal; the proportion of these products measured 
in the gaps is controlled by adjusting the ratio of the fre- 
quency spacing in the test signal to the lowest test-fre- 
quency. This adjustment can provide a means of weighting 
the distortion measurement for better subjective agreement; 
for example the amount of frequency shift can affect the 
proportion of measured products which are due to odd- 
order terms in the power series for the non-linearity. 

3. Experimental details 

3.1. Apparatus 

Fig. 2 is a block diagram of an arrangement for 
generating the test signal. A pseudo-random binary m- 
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Fig. 3 - The frequency shifter 
-2- 



sequence (p.r.b.s.) generator provides a two-level signal 
which the low-pass filter l.p.f.1 converts into a multi-level 
signal with a noise-like wavefornn. Each spectral com- 
ponent is then displaced in frequency by an equal number 
of hertz by means of a frequency shifter, a block diagram of 
which appears in Fig. 3. This unit uses a single-sideband 
modulator of the type invented by Gingell followed by a 
demodulator; the frequency shift of each component, co^, 
is determined by the difference between the modulator 
reference frequency co^ and the reference co^ employed in 
the demodulator. A high reference frequency (100 kHz) 
was used as switching type balanced modulators can then 
be used in order to obtain good phase accuracy, low distor- 
tion, and a high signal-to-noise ratio. Gingell's modulator 
uses a sequence-asymmetric polyphase network, which is a 
novel circuit for phase shifting by 90 ; it has the advantage 
that a high degree of unwanted-product suppression (better 
than 60 dB) can be obtained over a wide bandwidth (30 Hz 
to 15 kHz), without using the numerous close-tolerance 
components required by most other 90 phase-shift circuits. 
A noise-like test signal is present at the output of filter 
b.p.f.1. in Fig. 2, and this filter retains only tho^e com- 
ponents which are within the audio-frequency band. 
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Fig. 4 - The distortion measurement method 

Fig. 4 is a simplified block diagram depicting a 
method for measuring the amplitude of the distortion 
signal comprising Group 2 products (see Section 2). The 
frequency shift is again made using the technique shown in 
Fig. 3, and its value is equal and opposite to that in the test 
signal generator. For the purposes of the experiment 
oj(, — Wj, the frequency-shift signal required by both the 
test signal generator and the measuring equipment, was 
supplied by one oscillator. If the measurement equipment 
were required to be used remotely from the test signal 
generator, then phase-locking techniques would have to be 
employed to ensure that the frequency-shift oscillator in 
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Fig. 5 - The comb filter 

the measurement equipment was equal in frequency to that 
employed in the test signal generator. 

At the output of the frequency shifter in Fig. 4 there 
is a signal which consists of the test signal, the spectrum of 
which may be likened to a comb whose 'teeth' are the 
spectral components of the test signal, and the distortion 
products (Group 2), most of which fall between the teeth, 
of the comb. A measure of the distortion products is there- 
fore obtained by using a comb-filter, of the type shown 
diagrammatically in Fig. 5, to remove the test signal com- 
ponents. This comb-filter operates by subtracting from 
the input signal a delayed version of itself. The first of the 
points of maximum attenuation occurs at a frequency Mt 
equal to that of the spacing between peaks, where t is the 
delay. t is made equal to the repetition period of the 
pseudo-random sequence. 

In practice there is the problem of ensuring that the 
teeth of the comb-filter, i.e. the points of maximum attenu- 
ation, are always aligned with the teeth of the test signal. 
This is possible if the delay is produced by using an analogue 
or a digital shift register. Alignment is then maintained by 
arranging for the clock frequency controlling the shift 
register to be phase-locked to an integral multiple of the 
frequency spacing of the test-signal teeth. For the experi- 
ment, a comb-filter was constructed using an analogue 
(bucket-brigade) shift register. The comb-filter provided 
attenuation teeth of better than 46 dB over the test band. 

3.2. Method of measurement 

Using the arrangement shown in Fig. 4, the amplitude 
of the in-band distortion signal was registered on a PPM. 
The distortion figure was expressed as the decibel ratio of 
the level of the test signal, measured with a PPM at the 
comb-filter input, to the level of the distortion signal 
appearing at the output of the comb-filter. To optimise 
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subjective-objective correlation, w/eighting of these Group 2 
products was varied by adjusting the amount of frequency 
shift. Some additional measurements were made to see 
whether shaping the spectrum of the Group 2 products, i.e. 
employing a suitable weighting filter, would be advan- 
tageous. 



4. Objective results 

4.1. General 

The arrangement shown diagrammatically in Fig. 6 
was used to measure the distortion versus relative-gain 
characteristics for each of four non-linear circuits using the 
comb-filter method. 

Relative-gain is defined to be dB when the total 
harmonic distortion of a 1 kHz tone applied at a level of 
10 dBm at point A in Fig. 6 is —37 dB* measured at point 
B. In the subjective investigation, programme level, 

measured at A with a PPM was adjusted to peak to no more 
than six** (6-5 was the PPM reading when the 10 dBm 
tone was applied at A). 

The four non-linear circuits are described in Table 1; 
they were used in an earlier investigation of the subjective- 
objective correlation obtained with a two-bands test signal. 
These four circuits were carefully chosen to be represen- 
tative of those used in sound-signal transmissions. 

TABLE 1 

CIRCUITS TESTED (1,2,3,4.) 

1 : Integrated circuit operational amplifier type '741' 

2 : I\M1IA BBC Line receiving amplifier 

3 : GPA/4A BBC Line receiving amplifier 

4 : GPA/4A BBC Line receiving amplifier with low cathode 

emission 

4.2. Optimum parameter values for the comb-filter 
method 

Earlier work with test-noise signals showed that the 
level of the test signal measured relative to that of the pro- 
gramme signal is the first parameter value which must be 
optimised in a study of the subjective value of an objective 
test-method. Using the comb-filter method, distortion 
values, known as 'noise-separation' values (dB) were 
measured as the difference at the output of the circuit 
under test between the test-noise level and the distortion- 
signal level. They were measured with a range of test-signal 
levels, and the best subjective-objective correlation was 
obtained with a peak test-signal level of six on a PPM 
measured at point A in Fig. 6. 



The figure of —37 dB is somewhat arbitrary but was chosen as it 
has in the past been taken as a tolerance limit for sound pro- 
gramme circuits. 

* A PPIVI indicates 'six' when a sinusoidal signal at an r.m.s. level of 
+8 dB relative to 0-775V r.m.s. is applied to its input. 



In the present work, subjective agreement was found 
to improve as the peak-to-r.m.s. ratio of the test signal was 
increased: this ratio depends on the length of the m- 
sequence and its repetition frequency. Component costs 
limited the working range of the comb-filter to repetition 
frequencies (spacing between the teeth) of greater than or 
equal to 100 Hz, and with this restriction, the best peak-to- 
r.m.s. ratio was obtained with an m-sequence length of 
2047 and a repetition frequency of 150 Hz. There is how- 
ever, a possible m-sequence with a repetition frequency of 
approximately 60 Hz having a peak-to-r.m.s. ratio about 
1 dB higher than the 150 Hz case, and this should be con- 
sidered in the future if component costs fall. 

In Sections 2 and 3.2 two ways have been mentioned 
in which possibly advantageous weighting of the distortion 
figure can be varied, and findings are as follows. 

First, adjustment of the frequency shift provides an 
effective way of controlling subjective agreement: good 
results were obtained with any value of test-signal frequency- 
shift in the ranges -31 Hz to -35 Hz, -58 Hz to -64 Hz, 
-88 Hz to -92 Hz, and -115 Hz to -1 19 Hz. Secondly, 
variable frequency-shaping networks were applied to the 
output of the test-signal generator and to the output of the 
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Fig. 7 - Comb-filter noise-separation versus relative gain 
for test circuits 1 to 4 
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Fig. 8 
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Total harmonic distortion versus relative gain for 
test circuits 1 to 4 



comb-filter. No significant improvement in subjective 
agreement was found so it was decided to omit these 
frequency-shaping networks in the final test arrangement. 

The test arrangement described so far was found to 
give good subjective agreement, and for the purposes of this 
report the arrangement using a —33 Hz shift will be referred 
to as the 'routine-test' arrangement. The noise-separation 
characteristics measured using the routine-test arrangement 
are presented in Fig. 7 and these should be compared with 
the total harmonic distortion characteristics shown in Fig. 
8. The much greater rate of change of t.h.d. with respect 
to relative gain is evident. 

4.3. Theoretical comparison of the comb-filter method 
and total harmonic distortion methods 

Wigan and Shorter have shown that it is advantageous 
to make an objective test for non-linearity give more weight 



to distortion products generated by high-order terms. The 
Appendix gives a theoretical example, using equations 
derived by Brockbank and Wass, which shows that (for 
t.h.d. using a test tone, and the comb-filter method using 
a test-noise power equal to the power of the test tone) the 
comb-filter noise-separation test gives more weight to high- 
order terms than the t.h.d. method. 

Theory can also be applied to the case where test 
levels are those used in this Report (10 dBm and 3 dBm 
noise). For example, if the total harmonic distortion of a 
given circuit is —60 dB (0-1%) at a test level of 3 dBm and 
is known to be third harmonic only, then at a test level of 
10 dBm the total harmonic distortion would be —46 dB; 
from the Appendix, the theoretical noise-separation would 
be 40 dB. Hence the comb-filter method is a more sensitive 
way of measuring non-linearity than is the t.h.d. method, 
even when the test power level is 7 dB less than that of the 
t.h.d. method. 



5. Subjective-objective correlation obtainable with 
the comb-filter method 

5.1. Subjective and objective uncertainties 

An ideal test method provides objective results which 
correlate exactly with subjective assessments of sound 
quality; this correlation should apply for any type of non- 
linear audio frequency system or circuit. In practice, how- 
ever, it is fairly easy to find a test method which gives good 
correlation for one or two non-linear circuits, but it is much 
more difficult to find one which is good for most, if not all, 
non-linear circuits. This correlation between results for 
different circuits will be used to judge the merit of various 
test methods. Even if an ideal method were devised, the 
degree of subjective correlation obtained in a given test 
situation would still depend on the accuracy to which the 
objective measurements are made. In a routine-test appli- 
cation it has been found that the degree of programme- 
quality impairment can depend strongly on the programme- 
signal level, and in extreme cases can change by as much as 
two subjective grades for a 1 dB change in programme level. 
It is thought that ±0-5 dB is a realistic estimate of the 
observation error in a routine measurement of programme 
level. Given this error, it follows that subjective grades 
estimated by even an ideal non-linearity method could be in 
error by ±1 grade. It is therefore important to take into 
account the likely measurement error when using a given 
test method or when studying several test methods to find 
which gives the best subjective correlation. 

5.2. Comparison of methods based on previous subjec- 
tive results for test circuits 

In this Section, three objective test methods are com- 
pared, namely the comb-filter method (routine-test arrange- 
ment), the total harmonic distortion method, and the two- 
bands method. 

In an earlier subjective investigation, measurements 
were made of the subjective impairment introduced by 
different degrees of non-linearity in the four test circuits 
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Fig. 9 - Average impairment grade versus relative gain for 'Male Speech' 

(a) with circuits 1 and 2 (6) with circuits 3 and 4 
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described in Table 1. In those experiments, the degree of 
non-linearity distortion was preset using the relative-gain 
attenuator. It should be noted that this attenuator setting 
is the parameter which is used to relate the results of the 
present objective non-linearity measurements to the earlier 
subjective assessments. The subjective data obtained in the 
earlier tests are presented again in Fig. 9. The six-point 
impairment scale used in given in Table 2* 

TABLE 2 

The 6-Point Subjective Impairment Scale 
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1 Imperceptible 

2 Just perceptible 

3 Definitely perceptible but not disturbing 

4 Somewhat objectionable 

5 Definitely objectionable 

6 Unusable 

Graphs which relate any objective measure of distor- 
tion to its subjective value can therefore be drawn if first 
one measures distortion versus relative-gain characteristics 
using the test circuits. In the present study, measurements 
were made of comb-filter noise-separation and of total 
harmonic distortion, and the results are presented in Figs. 
7 and 8 respectively. 



In CCIR Report 623 (1974), a five-point scale is given for assessing 
impairment of sound. In this scale, Grade 5 corresponds to 
imperceptible impairment. As a first approximation, the linear 
relationship As = 5-8 - 0-8 Ag can be used to transform a six- 
point grade Ae as used in this Report into a CCIR five-point 
grade Aj. 



Fig. 10 - Comb-filter noise-separation versus subjective 

impairment for 'Male Speech' 
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Fig. 1 1 - Total harmonic distortion versus subjective impair- 
ment for 'Male Speech' 
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The objective data in Fig. 7 was combined with the 
subjective data in Fig. 9 and the resulting plot of noise- 
separation versus subjective impairment was presented in 
Fig. 10. The plot for total harmonic distortion shown in 
Fig. 11 was obtained by combining Figs. 8 and 9. A com- 
parison of objective test methods is made below based on 
the 'standard error' confidence limits which can be assigned 
to a subjective impairment of grade 2-5, predicted using data 
in Figs. 10 and 11. 

The earlier work on the two-bands method gave a 
spread in estimated impairment of ±0-2 grade at grade 2-5 
with a noise-separation figure of 38 dB. Fig. 11 indicates 
that at grade 2-5 the t.h.d. method has an impairment spread 
of about -H-75 to —1-5 grades (later taken as ±1-75 grades) 
at a t.h.d. of -50 dB. From the data in Fig. 10 the 
routine-test version of the comb-filter method gives a 
spread of -I-0-85 to —0-6 grades (later taken as ±0-85 grades) 
at a noise-separation of 39 dB. 

In order to find the resultant confidence limit for 
each method it is necessary to include the effect of the 
following measurement errors (a), (b) and (c): 

(a) The accuracy of a BBC PPM is approximately ±0-5 
dB. Both the comb-filter method (see Section 4.2), and 
the two-bands method, require that the peak test-signal 
level should equal the peak programme-level when they are 
each measured with a PPM. As long as the same PPM is 
used for measuring both levels, its calibration accuracy is 
not important. For the t.h.d. method, however, the 
calibration is important as the test-signal level is set 2 dB 
higher than the peak programme-level. 

(b) Errors of observation arise when it is necessary to 
adjust the programme-signal level to peak to the same scale- 
indication as the test-signal level. In general, it is thought 
that this adjustment could, with care, be made to within 
±0-5 dB. 

(c) The subjective data has a standard error of the mean 
of ±0-3 grades at grade 2-5 for the most critical test pro- 
gramme. 

Errors (a) and (b) can be translated into subjective- 
grade errors using the rate of change of impairment with 
programme-signal level or relative gain as shown in Fig. 9; 
a maximum rate of change of 1-6 grades per dB is apparent 
between grades 3 and 5 approximately. Assuming the 
relative gain of —2 dB corresponds to grade 1, the rate of 
change in the region of grades 2-5 could be 2'3 grades per 
dB. It therefore seems reasonable to take 2 grades per dB 
as an estimate of the rate of change. Measurement error (a) 
then translates into a ±1 grade error for the t.h.d. method 
but does not affect the other two methods. Error (b) 
translates into a ±1 grade error. It seems reasonable to 
assume that errors (a), (b) and (c) are uncorrelated, in 
which case an r.m.s. summation of them should be used; 
the resultant error for each method at a nominal grade 2-5 
is ±1-1 grades for the two-bands method, ±1-4 grades for the 
comb-filter method, and ±2-3 grades for the t.h.d. method. 

Maximum rates of change of measured distortion level 



versus subjective impairment (near grade 2-5) were esti- 
mated using Figs. 10 and 11. The results are 5-9 dB per 
grade for the comb-filter method, 17 dB per grade for the 
t.h.d. method, and 7 dB per grade for the two-bands 
method. Using these figures it is possible to present a 
comparison of the three methods in terms of spreads in the 
objective measurement. At a nominal grade 2-5 impair- 
ment the resultant of errors (a), (b) and (c) given earlier 
translate to ±8 dB for the comb-filter method, ±7-4 dB for 
the two-bands method, and ±38-6 dB for t.h.d. 

The two-bands method would appear to be the best 
on the basis of these figures, but it has significant short- 
comings that the comb-filter method does not have; it 
cannot be used to measure narrow-band circuits as it 
requires a gap in the spectrum between 3/4 and 15 kHz, 
and it cannot measure the effect of distortion which occurs 
at signal frequencies higher than 2V% kHz. Moreover, in a 
nominal 15 kHz circuit, the two-bands method would be 
inaccurate if the frequency response was not flat within 
+0-5 dB in the range 30 Hz to 3-5 kHz. 

As the comb-filter method has none of these short- 
comings it would seem to be the preferred method for 
routine tests. 



6. Considerations affecting the application of the 
comb-filter method to laboratory measurements 

6.1. General 

Research and development associated with audio- 
frequency systems usually involves accurate laboratory 
measurements of signal distortion. This distortion could be 
non-linear (e.g. amplitude-dependent loss or gain), or 
linear (e.g. frequency-dependent loss or gain) or a com- 
bination of both. These accurate objective measurements 
are usually complemented with subjective assessments of 
the sound quality provided by each system. Much time 
and effort could be saved if the objective measurement also 
gave an accurate estimate of the sound quality, as this 
could reduce the number of subjective tests required in an 
investigation. In order to develop an objective technique 
which gives this result it would first be necessary to assess 
the degree of subjective impairment associated with a 
representative sample of each of the types of distortion 
introduced by audio frequency systems. 

6.2. Measurement of non-linear distortion 

The comb-filter method of measuring non-linear dis- 
tortion, because it uses a wide-band noise test-signal, appears 
to be potentially suitable for assessing non-linear distortion 
introduced by a wide range of systems, but so far it has 
only been studied in the context of estimating the subjec- 
tive impairment caused by four circuits where non-linear 
distortion increases with increasing signal amplitude. It is, 
therefore, not possible to state in general how accurate the 
new method would be in estimating subjective impairment 
in laboratory tests, without conducting subjective tests on a 
wider range of systems. 
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As a result of further investigations it may be found 
desirable to improve the method. For example, better 
control may be needed of the ratio of the relative sensitivity 
to the effect of odd or even terms in the power series. 
One method is to enable both Group 1 and Group 2 com- 
ponents to be included in the measured distortion. This 
could be achieved, for example, by limiting the spectrum 
of the test signal {for a nominal 15 kHz-wide system) to 
below, say, 12 kHz and performing a measurement that 
would include all products above 12 kHz. The merit of 
this arises from the fact that products in this upper band 
would be almost entirely Group 1 products, while the pro- 
ducts measured through a comb-filter, below 12 kHz, 
would be Group 2 products. 

6.3. Measurement of linear distortion 

Applications to the measurement of 'linear' distor- 
tion, such as irregular response versus frequency, may be 
considered in addition to measurement of non-linear dis- 
tortion. As the test signal for the comb-filter method had 
a flat spectrum, the spectrum of the test signal measured 
at the output of any system under test is an approximate 
model of the amplitude response versus frequency of that 
system. If the system is also non-linear, this model would 
be at its most accurate when the test signal level applied to 
the system is such as to give minimum non-linear distortion 
of the test signal. The amplitude-versus-frequency charac- 
teristic could be checked by analysing the spectrum of the 
test signal using cross-correlation or filter methods. It 
could also be checked roughly by alternately applying a 
1 kHz tone and the new test signal to the system at equal 
input-power levels. The difference in power level between 
these two signals, measured at the output of the system 
under test is then an indication of the amount of linear 
distortion; this technique has been found to be useful in 
routine checks on the amplitude-frequency characteristic of 
a tape-recorder. 

6.4. Laboratory instrumentation 

High-resolution measurements (noise-separations of 
the order of 60 dB) will need a comb-filter that employs 
digital signal processing, unless high-performance analogue 
shift-registers become available. (It is possible that analogue 
shift-registers which use charge-coupled devices may be 
suitable for this application.) Digital signal processing 
requires an analogue-to-digital (a.d.c.) and digital-to-ana- 
logue converter (d.a.c), and these are usually expensive 
items. It is possible, however, that delta modulation 
could be used, in which case the a.d.c. and d.a.c. are 
inexpensive items and the total cost of the high-resolution 
comb-filter may then be comparable to that of the analogue 
comb-filter used in the work described in this Report. 



value of distortion and its subjective effect. The subjective 
agreement obtained with an economical (routine-test) 
arrangement for the comb-filter method has been compared 
with the agreement obtained with a previously studied two- 
bands method, and with a conventional total harmonic 
distortion method. This comparison applies only to tests 
on 15 kHz bandwidth circuits where non-linearity does «of 
depend on signal frequency. 

Subjective correlation obtained with a routine-test 
version of the comb-filter method was close to that 
obtained with the two-bands method, and very much 
better than that obtained with the t.h.d. method. For a 
nominal grade 2-5 impairment the comb-filter method gives 
a distortion figure of 39 ± 8 dB of noise-separation, the 
two-bands method gives 38 ± 7 dB of noise-separation, and 
the t.h.d. figure is -50 ± 38 dB. 

The comb-filter method has the facility to measure 
distortion in narrow-band circuits, as well as distortion that 
is predominant at high signal-frequencies (e.g. f.m. trans- 
mission systems that have pre-emphasis). The two-bands 
method does not have these provisions and therefore on 
balance, the comb-filter method is generally to be preferred. 

Within the limited scope of the subjective and objec- 
tive tests described or referred to in this Report, the comb- 
filter method has been found to be significantly advan- 
tageous relative to the t.h.d. method. However, further 
study of the method would be necessary before it could be 
recommended for general use. 



8. Recommendations 

It is recommended that further subjective and objective 
experiments be done to find the optimum weighting arrange- 
ments for the spectral line-spacing in the comb-filter method 
or future variants of it, particularly for those types of test 
circuit where the two-bands method is unable to provide 
valid results, such as those circuits where high-frequency 
non-linearity predominates. 

During the writing of the present Report, a variant of 
the comb-filter method was devised by the author; this 
variant uses two comb-filters and two pseudo-random 
binary-sequence generators. It does not need frequency- 
shifters, and so it affords a significant reduction in the 
complexity, and probably also the cost, of instrumentation. 
Further work is recommended to investigate the double 
comb-filter method. 
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10. Appendix 
Comparisons of distortion values for the comb-filter and t.h.d. methods 



The calculations in this appendix are intended to 
indicate the 'rate of exchange' in dB between distortion 
measured by the comb-filter method (noise-separation) and 
distortion measured by the t.h.d. method, and also to 
estimate the amount of resolution required of the comb- 
filter apparatus for it to be useful in laboratory investi- 
gations. 

The test signal for the comb-filter method has a line 
spectrum where each line or 'tone' is equal in power and 
spaced in frequency by equal amounts. Brockbank and 
Wass have shown that if the number of tones is large 
(greater than 50) then the distortion power produced by 
harmonic products is at least two orders of magnitude less 
than that produced by intermodulation products. They 
have derived Equation (1) which gives the distortion power 
r generated from a multi-tone test signal of powerP by an 
nth order non-linearity. In this equation, t^ is then the nth 
harmonic output-power produced by a sinusoidal input of 
fundamental power 1 mW. 



The 'rate of exchange' between noise-separation and 
t.h.d. in dB is most easily illustrated if it is assumed that the 
test-power level for the noise-separation measurement is 
1 mW and is equal to the test-power level for the t.h.d. 
measurement. The noise-separation N is then equal to 
10 log^Q 1/r, and the t.h.d. D is equal to 10 logj^ r^- 
Equation ( 1 ) can then be used to give N in terms of D, 



N{dB) = \D\ -3(n- 1)- lOlognl 



(2) 



T=2"- 



t P" 



(1) 



Practical non-linear circuits of critical interest exhibit 
a total harmonic distortion of greater than —60 dB (or 
0-1%). With the comb-filter method, the measured noise- 
separation decreases markedly as the order of the non- 
linearity increases. For example, \f D = — 60 dB and n = 2, 
then TV = 54 dB; but if n = 3, A?^ = 40 dB. Hence a pessi- 
mistic estimate for the measurement resolution of the comb- 
filter apparatus could be made here by considering the 
second order non-linearity; in order to measure the 54 dB 
separation to an accuracy of ±1 dB the noise separation of 
the apparatus must be at least 60 dB. 
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